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Description 

[0001] The present invention relates to a method ac- 
cording to the preamble of claim 1. The invention also 
relates to a sound reproduction apparatus according to 
the preamble of claim 11 . 

[0002] Methods concerned in the invention are used 
in conjunction with electrical systems intended for pro- 
ducing sound including sound reproduction equipment 
or electronic music instruments in order to attenuate 
acoustic reflections in a space into which the sound is 
being reproduced. Such a space may be : e.g., a room 
arranged for listening music or monitoring sound quality. 
[0003] In the prior art undesired acoustic reflections 
and room resonances have been attenuated by gener- 
ating such a cancelling sound wave that via the destruc- 
tive interference of acoustic waves attenuates the un- 
wanted sonic pressure wave components. The cancel- 
ling wave to an original sound wave is acoustic energy 
incident at the same frequency and at least essentially 
out-of-phase with the original sound wave. In turn, the 
amplitude of the cancelling wave determines the degree 
of sound attenuation. In order to achieve perfect cancel- 
lation of the original sound., the cancelling wave must 
have a frequency and amplitude exactly equal to those 
of the original sound and a phase exactly opposite to 
that of the original sound at a given spatial point. If the 
undesired sound is composed of a plurality of frequen- 
cies, the above-listed cancellation criteria must be ful- 
filled separately for each frequency component of the 
sound to be cancelled. This technique is described in 
US Pat. No. 2,043,416, for instance. 
[0004] When generating a cancelling sound wave, it 
is necessary to know the properties of the sound to be 
attenuated with a reasonable accuracy in order to pro- 
duce the required cancelling sound signal in a proper 
manner. Conventionally, this is accomplished through, 
eg, measuring the sound to be cancelled by a micro- 
phone, processing the measured signal in order to pro- 
duce the required cancelling sound signal and convert- 
ing the processed signal into a physical cancelling 
sound by a loudspeaker mounted at the desired point of 
cancellation. The placement of the microphone in re- 
spect to the loudspeaker in the direction of sound prop- 
agation has been dictated by the selected cancellation 
technique depending on whether the so-called feedfor- 
ward or the so-called feedback method is used. 
[0005] In the feedforward method, the microphone 
has been located in front of the loudspeaker in the di- 
rection of propagation of the sound to be cancelled, at 
a point permitting the microphone to measure the sound 
to be cancelled alone, without being responsive to the 
cancelling sound wave. The measured signal has been 
processed in respect to the signal delay in the sound 
cancellation equipment and the signal transfer function 
plus the acoustic propagation delay of the sound to be 
attenuated between the microphone and the loudspeak- 
er radiating the cancelling sound wave. In a practicable 



system, there is further needed a second microphone 
located after the loudspeaker in the direction of the orig- 
inal sound propagation, whereby the signal of the sec- 
ond microphone is used for monitoring the efficiency of 

5 sound cancellation and for controlling the signal level to 
be fed to the loudspeaker. The feedforward-type gener- 
ation of the cancelling sound wave is described in US 
Pat. No. 4.122.303. for instance. 
[0006] In the feedback method, the microphone is lo- 

10 cated after the loudspeaker in the direction of propaga- 
tion of the sound to be cancelled, whereby the micro- 
phone is responsive to both the loudspeaker radiating 
the original sound and the loudspeaker radiating the 
cancelling sound wave. The goal herein generally is to 

*5 minimize the amplitude of the signal measured by the 
microphone or at least to bring it down to a desired level. 
If also the microphone is located after the loudspeaker 
in the direction of propagation of the sound to be can- 
celled, the method must be capable of predicting the lev- 

20 el of the signal tobe attenuated on the basis of the meas- 
ured interference signal. To attain a good attenuation ef- 
ficiency, a number of different methods of processing 
the measured signal have been developed. A more de- 
tailed description of the cancellation signal processing 

25 technique can be found in US Pat. No. 4.878.188, for 
instance. The prior art also includes cancellation sound 
generation techniques based on combinations of feed- 
forward and feedback methods. 

[0007] In US Pat. No. 4,899.387 is further disclosed 
30 an apparatus for cancelling low-frequency acoustic res- 
onances in a room used as an acoustic space. The ap- 
paratus is particularly suited for improving room acous- 
tics in listening to music. The major single factor causing 
acoustic frequency response variations typically is the 
35 listening room itself that may readily cause deviations 
as large as 20 dB at some frequency in the amplitude 
response in a given point of the listening room. These 
deviations are caused by the interference of sonic pres- 
sure waves reflecting from the walls of the listening room 
40 with pressure waves radiated directly from the loud- 
speakers. Obviously, the need for improved listening 
room acoustics is urgent. 

[0008] The embodiment described in cited US Pat. 
No. 4,199.3 it attempts to solve the above-described 

45 problem by placing cancellation apparatus units in the 
room at the pressure maxima or in the immediate vicinity 
thereof Said cancellation apparatuses comprise a mi- 
crophone for sensing the sound pressure waves and 
signal processing means and a cancelling loudspeaker 

50 for producing the cancelling pressure waves to the re- 
flected original sound thus measured. In this arrange- 
ment, the microphone is located close to the cancelling 
loudspeaker, and with the help of a feedback circuit, the 
goal is to alter the acoustic impedance of the cancelling 

55 loudspeaker such that the effect of the room acoustics 
on the smoothness of the sound field is eliminated. This 
technique bears the risk of instability of the feedback 
loop that also includes the sound cancellation apparatus 
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ilself : whereby the system may start to oscillate. 
[0009] In Pat. Appl. No. JP 6-62499 is disclosed an- 
other system for eliminating reflected pressure waves. 
Differently from those described above, this arrange- 
ment uses no microphones placed in the listening room, 
but rather the signal is sampled directly from the stere- 
ophonic audio system used for producing the original 
audio signal. The system disclosed in cited publication 
JP 6-62499 comprises cancelling loudspeakers placed 
in the listening room and a cancellation signal generator 
adapted to feed said loudspeakers. The cancellation 
signal generator itself includes delay and amplitude con- 
trol circuits for delaying the signals of the left and right 
audio channels and for setting the signal amplitudes 
separately for each cancelling loudspeaker. The cancel- 
lation signal generator further includes summer circuits 
for combining the signals processed in the delay and 
amplitude control circuits into output signals to be taken 
to each of the cancelling loudspeakers and inverter cir- 
cuits for inverting the phase of each combined signal. 
The delay circuits are controlled to delay each signal in- 
dividually by the time of sound propagation from the 
original sound loudspeaker to the cancelling loudspeak- 
er. E .g., in a system of four cancelling loudspeakers, the 
signals for each loudspeaker are formed from the sig- 
nals of both the left and the right channel with appropri- 
ate delays. Additionally, also the signals of the loud- 
speakers and/or cancelling loudspeakers reflected from 
the walls can be taken into account, whereby a different 
delay and gain must be set for each signal separately. 
[001 0] A problem in the apparatus of cited publication 
JP 6-62499 is that, in spite of the extremely complicated 
technique of cancellation signal generation, the system 
is incapable of eliminating all the reflections occurring 
in the listening room and particularly not the diffraction 
waves caused by obstacles in the listening room. It must 
also be noted that the point-source type cancellation 
sound radiators used according to the publication even 
theoretically can eliminate reflected pressure waves but 
only in very singular points of the listening room. Other 
points of the room remain void of any attenuation, but 
rather the apparatus brings about a greater level of dis- 
tortion and unwanted fields of reflected sound in the lis- 
tening room. At some locations of the listening room, the 
original sound and the cancelling pressure wave are 
even in phase, whereby interference wave thus formed 
amplifies the reflection wave almost two-fold in ampli- 
tude in regard to the initial reflection already when using 
one cancellation signal. 

[0011 J It is an object of the present invention to pro- 
vide an entirely novel method that in a simple manner 
is capable of reducing the disturbing low-frequency 
acoustic reflections otherwise occurring in a listening 
room without the disadvantage of simultaneously creat- 
ing new disturbance at higher frequencies. It is another 
object of the invention to provide a sound reproduction 
apparatus offering attenuation of annoying reflected 
sound in a listening room with a simpler construction and 



improved performance over that available in conven- 
tional apparatuses. 

[0012] The goal of the invention is achieved by way 
of sampling the sound signal electrically from the equip- 

5 ment used for producing the original sound such as the 
amplifier feeding a loudspeaker. The sample signal is 
processed in order to generate the cancellation signal 
for attenuating the pressure level of reflections and the 
cancellation signal thus formed is convened by means 

10 of at least one loudspeaker into a cancelling sound in 
the listening room where the impact of reflections is de- 
sired to be attenuated. According to the invention, the 
sample signal used for generating the cancellation sig- 
nal is filtered so as to free the signal from essentially all 

15 the sound components that can create a so-called dif- 
fuse sound field in the listening room. The term diffuse 
sound field refers to a situation in which the sound does 
not excite a pressure pattern of systematic reflections 
in the listening room, but rather the sound field is com- 

20 prised of an incoherent composite waves formed by re- 
flections from a plurality of different surfaces and/or dif- 
fractions waves about different objects. In such a diffuse 
sound field, each point of the listening room receives 
waves related to the same original sound but received 

2 $ as a sum of partial waves in different phase and inco- 
herently directed, which makes the behaviour of the in- 
terfering wave pattern difficult to predict. The filtration is 
advantageously performed before the delaying opera- 
tion and the setting of the signal phase and amplitude. 

30 According to the invention, per each cancellation signal 
feeding the respective cancellation sound radiator is set 
a single optimized delay that minimizes the disturbing 
resonance in the room. However, differently from the ap- 
proach of cited publication JP 6-62499. the suitable de- 

35 lay is not determined directly from the times of propaga- 
tion of the acoustic signals by computational means, but 
instead, the delays required in a specific acoustic sys- 
tem are optimized by on-site tests. Also the level of the 
cancellation signal is advantageously determined on the 

40 basis of measurements performed on the attenuation 
results in the listening room, and the goal is to set the 
level of the cancellation signal to such a value that 
achieves the desired change in the acoustic pressure 
wave pattern of the room at the frequencies to be atten- 
ds uated without causing an excessive attenuation to the 
original acoustic signal. Thus, the object of the invention 
does not include a complete elimination of the undesired 
pressure waves to be attenuated at the points of con- 
trolled cancellation. 

50 [0013] More specifically, the method according to the 
invention is characterized by what is stated in the char- 
acterizing part of claim 1 . Furthermore, the sound repro- 
duction apparatus according to the invention is charac- 
terized by what is stated in the characterizing part of 

55 claim 11. 

[0014] The invention offers significant benefits. 
[001 5] As the sample signal is taken in electrical form 
from the sound-producing system, the method or appa- 
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ratus according to the invention disposes of the need for 
any microphones in its operation. Resultingly : the con- 
struction of the sound reproduction apparatus may be 
simplified and it can operate without being dependent 
on such external factors as any possible changes in the 
response of a monitoring microphone caused by aging 
or heating, for instance. Furthermore, since the cancel- 
ling sound is produced according to the invention only 
at low frequencies : the application of the invention does 
not introduce any superlluous high-frequency signals of 
disturbing nature in the listening room 
[0016] As compared to methods and apparatuses of 
the feedback type., a further benefit of the invention is 
the sound-reproduction apparatus according to the in- 
vention has no electroacoustic feedback circuit, where- 
by it involves no risk of an unstable state of oscillation. 
[0017] A further benefit resulting from low-pass filtra- 
tion prior to taking the signal to the delay circuit is that 
the information content of the signal to be delayed is 
reduced and the delay can be accomplished by means 
of a relatively simple digital circuit. Hence., the invention 
makes it possible to manufacture a simple apparatus at 
a low cost for improving the acoustics of a listening room 
[0018] A still further benefit of the invention is that the 
low-frequency spectrum of the cancelling sound allows 
the arrangement according to the invention to be imple- 
mented using only one delay circuit per each cancella- 
tion sound radiator. Hence : it is also unnecessary to de- 
fine separately the delays for the left and right channels 
in a stereophonic system. Broadly, even a multichannel 
sound reproduction system can manage in a similar 
manner with only one delay circuit per each cancellation 
sound radiator. 

[0019] A still further benefit of the invention is that 
when the volume of the cancelling sound is set appro- 
priately below the level of the original sound : the level 
of the low-frequency bass sound whose reflections are 
to be attenuated can be retained on-changed in the 
acoustic space, which is contrary to the behaviour of 
conventional techniques in which the goal is to produce 
a cancelling sound capable of completely nulling the un- 
wanted frequency component of the original sound field. 
[0020] When the delay and gain of the cancellation 
signal to be launched in the listening room is set in a 
proper ratio to the sound emitted by original signal 
sources, the invention can by the above-described 
means achieve a consistent cancellation result irrespec- 
tive of changes made in the acoustic environment of the 
listening room. As the apparatus needs no sound-sens- 
ing microphone during sound reproduction, there is no 
risk of having function of the apparatus according to the 
invention affected by vibration or other disturbance nor- 
mally imposed on a microphone in a sonic field. 
[0021] In the following, the invention will be examined 
in greater detail with the help of exemplifying embodi- 
ments by making reference to the appended drawings, 
in which 



Figure 1 shows a prior-art acoustic arrangement 
with three control sensing points: 

Figure 2 shows typical spectral response curves at 
5 the lower frequency range in the acoustic arrange- 

ment of Fig. 1 ; 

Figure 3 shows schematically an acoustic arrange- 
ment according to the invention with three control 
10 sensing points; 

Figure 4 shows spectral response curves at the low- 
er frequency range in the acoustic arrangement of 
Fig. 3: 

Figure 5 shows a block diagram of signal paths in 
the acoustic arrangement of Fig. 3; and 

Figure 6 shows schematically a second embodi- 
ment of acoustic arrangement according to the in- 
vention with one control sensing point. 

[0022] In the text of the present application, the term 
microphone is used in making reference to any device 
capable of converting an acoustic signal into an electri- 
cal signal so that the information carried by the acoustic 
pressure wave including the frequency and amplitude 
information thereof can be transferred at least by its es- 
sential parts over to the electrical signal. Respectively, 
the term loudspeaker is used in making reference to a 
device capable of signal conversion in the opposite di- 
rection. 

[0023] The term sound reproduction path is used 
when making reference to the path of the original sound 
signal in the sound reproduction apparatus from the 
sound signal source via the amplifiers and other re- 
quired units to the loudspeaker in which the signal to be 
reproduced is converted into a sound suitable for emis- 
sion into the acoustic space. The term sound signal 
source as used in the present text can refer to any de- 
vice capable of feeding the signal to be reproduced into 
the sound reproduction apparatus by virtue of, e.g., con- 
verting information stored in a storage means such as 
a magnetic tape or optical disc into a format compatible 
with the input of said sound reproduction apparatus. 
Hence, the sound signal source can be a radio receiver, 
for instance. Respectively, the term cancellation sound 
signal path in the present text is used when making ref- 
erence to a signal path in the sound reproduction appa- 
ratus from the sound signal source via the required units 
for processing the cancelling sound up to a cancelling 
loudspeaker in which the cancellation signal to be re- 
produced is converted into a pressure wave for emission 
into the acoustic space as a cancelling sound that at- 
tenuates a reflected pressure wave. 
[0024] The sound reproduction apparatus may in- 
clude a plurality of sound reproduction paths, cancella- 
tion sound signal paths and/or sound signal sources. 
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Furthermore : the paths ot the original sound signal and 
the cancellation sound signal may also partially overlap 
in the sound reproduction apparatus. 
[0025] The term signal separation means is used 
when making reference to a device suited for separating 
at least one given frequency band from a broadband sig- 
nal spectrum. Such separating means include., e.g., low- 
pass and band-pass filters. 

[0026] in the embodiment shown in Fig. 1 , there is lo- 
cated a loudspeaker 2 close to the front wall 101 of a 
room 1. The loudspeaker 2 can be.,e.g : a subwoofer 
connected to a stereophonic or multichannel sound re- 
production apparatus suited for emitting low-frequency 
sounds. When an acoustic signal containing low-fre- 
quency sounds is radiated into the room 1 by the loud- 
speaker 2 : reflections of the propagating pressure 
waves occur. In the case that the duration of the sound 
radiated by the loudspeaker lasts sufficiently long., a 
sound field of acoustic resonance may build up in the 
room 1 . Reflections are chiefly built up between the pairs 
of planar walls formed by the front wall 1 01 and the rear 
wall 1 03, the opposite side walls 1 02 and the ceiling and 
floor of the room. In Fig. 2 are plotted the frequency re- 
sponses measured at locations M1 : M2 and M3 of the 
room 1 illustrated in Fig. 1 . 

[0027] As can be seen from the curves of Fig. 2. room 
reflections affect the sound quality in a drastic manner 
in situations described above. This is particularly annoy- 
ing in the acoustic monitoring rooms of sound-recording 
studios in which the reflections can cause significant lo- 
cal deviations in the frequency spectrum of the sound 
pattern heard by the listener. As a consequence, errors 
may be introduced into the stored format of recordings. 
[0028] In Fig. 3 is shown one of the simplest embod- 
iments of the invention. In this embodiment, the goal is 
set to merely attenuate longitudinal reflections in the lis- 
tening room In the arrangement, there is placed close 
to the front wall 1 01 of the listening room 1 a loudspeak- 
er serving to radiate sound into the space of the listening 
room. The loudspeaker 2 is driven via conductors 21 by 
an amplifier 20. While the amplifier 20 and the conduc- 
tors 21 for the sake of greater clarity in are drawn in the 
diagram of Fig. 3 so as to be located outside the room 
1, these components in plurality of practical arrange- 
ments are located in the interior of the listening room 1 . 
Respectively, the sound cancellation apparatus of room 
reflections comprises a cancelling loudspeaker 3 locat- 
ed in the vicinity of the rear wall 1 03 of the listening room 
1 , control means 4, 5, 6 connected to said cancelling 
loudspeaker 3 so as to process the required cancellation 
sound signal and drive said cancelling loudspeaker 3, 
and sampling means 7 connected to said control means 
4, 5, 6 for sampling the electrical signal taken to said 
loudspeaker 2. 

[0029] The sampling means 7 comprise an electrical 
circuit. The signal sample is taken from the signal driving 
the loudspeaker 2, whereby the sampling means 7 are 
connected, e.g., over the input conductors 21 of the 



loudspeaker 2 or over the output terminals of the ampli- 
fier 20 driving said conductors 21 . If the signal is to be 
passed to the loudspeaker 2 already filtered into fre- 
quency bands, the signal is sampled from the circuit 

5 driving the low-frequency bass sound reproduction cir- 
cuit. In the case that the signal may also contain higher 
frequency components, the apparatus is complemented 
with a low-pass filter advantageously connected be- 
tween said sampling means 7 and said control means 

10 4, 5, 6. By contrast, an embodiment having the signal 
passed to said loudspeaker(s) 2 already divided into fre- 
quency bands obviously includes an inherent low-pass 
filtration, whereby a separate low-pass filter is redun- 
dant provided that the filter cutoff frequencies of the 

'5 bands are properly matched. The low-pass filler or a 
band-splitting device implementing the equivalent func- 
tion is adapted to admit via the cancellation signal path 
only such signal components that are so low as to be 
essentially capable of invoking systematic reflections at 

20 said frequencies in the listening room 1 . In practice, this 
condition appears at frequencies having a wavelength 
at least essentially approximating the dimensions of the 
listening room. The low-pass filter upper cutoff frequen- 
cy is set, eg, at 200 Hz. which corresponds to the wave 

25 length of 1 ,5 meters. At shorter wavelengths the obsta- 
cles of the room begin to cause substantial diffraction, 
whereby the reflections loose their systematic nature. In 
this fashion, the signal to be taken to the control means 
4, 5, 6 is filtered free from frequencies causing a diffuse 

30 sound field. 

[0030] A particularly advantageous application of the 
invention is found in the attenuation of the disturbing res- 
onance invoked by the subwoofer radiator of low-fre- 
quency bass sounds in a listening room. Herein, the 

35 sample signal is taken from the signal driving subwoofer 
radiator emitting the low-frequency bass sounds of the 
original signal, and the cancelling sound is emitted by 
means of. e.g.. another similar subwoofer radiator 
placed on the opposite side of the listening room. 

^0 [0031] In conjunction with stereophonic or multichan- 
nel sound reproduction, it must be noted that the sample 
signal is taken from each active channel separately. The 
sample signals taken from each channel are subse- 
quently combined into a single sample signal which is 

45 passed along the cancellation signal path forward to- 
ward the control means 4, 5, 6. The combination of the 
signals of the different channels may also be performed 
in the sound reproduction signal path, eg., in conjunction 
with the generation of the original subwoofer signal, 

50 whereby the sample signal is advantageously obtained 
from this sum channel signal without any separate sum- 
ming operation. Owing to the summing of the cancella- 
tion signal from the separate channels, the control 
means 4, 5, 6 can be simplified significantly over those 

55 disclosed, e.g. r in cited patent publication JP 6-62499 
[0032] The control means 4, 5, 6 comprise in series a 
delay circuit 6, a gain-controlled amplifier 5 and an in- 
verter 4. The delay circuit 6 must be capable of providing 
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a controllable delay approximately equal to the acoustic 
delay between the original sound loudspeaker 2 and the 
cancelling loudspeaker 3. As the acoustic delays en- 
countered in conventional listening rooms may be in the 
order of 40 ms typical, the delay circuit 6 is advanta- 5 
geously implemented using digital techniques. The final 
value of required delay is sought by tests, whereby the 
specific characteristics of the acoustic system will be au- 
tomatically taken into account. 

[0033] In the exemplifying embodiment, the digital de- 
lay circuit 6 includes an AD converter for processing the 
sample signal into digital format, memory circuits for 
storing the digital sample signal, a DA converter for con- 
vening the sample signal back into analog form and a 
microcontroller for connecting the digital sample signal 
from the AD converter to the memory circuits as well as : 
after the lapse of the delay time, out from the memory 
circuits to the DA convener. The delay circuit 6 also in- 
cludes a number of operational amplifiers. As the inven- 
tion operates with low-frequency signals, the system 
can be implemented without necessarily using expen- 
sive components. In fact, operation at audio frequencies 
below 200 Hz can be managed using a signal sampling 
rate as low as 1 kHz in the delay circuit 6. The delay 
itself can be implemented using, e.g., 40 memory loca- 
tions, each of which storing the sound pressure infor- 
mation in 16-bit digital format. The AD and DA convert- 
ers may respectively be of an 18-bit type. Additionally, 
each delay circuit needs a low-cost microcontroller. 
[0034] In the above-described system, the delay can 
be set with an accuracy of 1 ms and the resolution of 
the sound pressure control is determined by the 16-bit 
storage. When a higher accuracy of delay setting is de- 
sired, a higher sampling rate can be used in combination 
with a larger number of memory locations. The required 
number of memory locations is thus determined as a 
product of the desired maximum delay time with the 
sampling rate. For a longer delay, a greater number of 
memory locations is obviously needed. Respectively, 
the resolution of sound pressure control can be im- 
proved by using a longer word length for the signal sam- 
ple. The physical construction of the control means 4, 
5, 6 can be placed, e.g., in the interior of the enclosure 
of the cancelling loudspeaker 3. 
[0035] If the original sound loudspeaker 2 and the 
cancelling loudspeaker 3 have different phase response 
characteristics, which also means different delays, the 
compensation of the delay differences may be accom- 
plished by applying a frequency-dependent delay to the 
audio signal in the apparatus which processes the can- 
celling sound. Herein, the filter implementing the fre- 
quency-dependent delay can be realized using, e.g., a 
digital signal processor. In contrast, if the loudspeaker 
2 and the cancelling loudspeaker 3 have identical phase 
response characteristics and their location in the listen- 
ing room is sufficiently symmetrical in regard to the 
sound reflections, only a controlled delay is required, 
and the digital signal processor can be replaced by an 



extremely cost-effective microcontroller. 
[0036] The cancelling loudspeaker 3 is advanta- 
geously located at the resonant pressure maximum of 
the standing wave. In practice this typically means that 
the advantageous location of the cancelling loudspeak- 
er 3 or loudspeakers 3 is close to that reflecting wall 
whose reflection to impinging sound is desiredly atten- 
uated. Herein, the cancelling loudspeaker 3 can be con- 
sidered to modify the acoustic impedance of the reflect- 
ing wall. If the number of the cancelling loudspeakers 3 
is one, the single loudspeaker is advantageously placed 
close to the wall surface opposite to the original sound 
loudspeaker 2 or loudspeakers 2. In the case that a 
greater number of cancelling loudspeakers 3 are used, 
they can be placed in a distributed manner, e.g., on the 
wall facing the loudspeakers 2. Alternatively, the can- 
celling loudspeakers 3, 30 can be distributed as shown 
in Fig. 6 so that the transverse standing waves excited 
between the side walls 102 of the acoustic space are 
attenuated by means of one cancelling loudspeaker 30 
placed close to one of the side walls 102 and the longi- 
tudinal standing waves are attenuated by means of an- 
other cancelling loudspeaker 3 placed close to the rear 
wall 1 03. If the cancelling loudspeakers 3, 30 are located 
far apart from each other in the acoustic space, the can- 
cellation sound signals tor the cancelling loudspeakers 
3, 30 are generated and amplified separately so that 
their delay and gain are adjusted individually for each 
cancelling loudspeaker 3, 30. Further, if the system is 
configured with adjacently placed cancelling loudspeak- 
ers 3, 30, all of them can be driven with the same can- 
cellation signal. In this kind of system, the adjacent can- 
celling loudspeakers as an entity can be considered to 
form a single cancelling loudspeaker 3, 30. The mutual 
displacement between the cancelling loudspeaker units 
is measured against the wavelengths being attenuated. 
[0037] The response of the cancelling loudspeaker 3, 
30 at low frequencies is advantageously made identical 
to that of the original sound loudspeaker 2. The easiest 
way of fulfilling this need is to make the construction of 
the cancelling loudspeaker 3 : 30 identical to that of the 
loudspeaker 2 at the frequency range of reflections to 
be attenuated. An advantage gained from identical re- 
sponse characteristics of loudspeakers is that the con- 
trol means 4, 5, 6 in this type of system do not need to 
perform compensation of loudspeaker response differ- 
ences in order to attain a good attenuation result. 
Hence, the control means 4,5,6 can be implemented 
in the manner described above, and the entire system 
has a simple structure. As the cancelling loudspeaker 
3, 30 serves in the system to radiate low-frequency 
sounds alone, it is often advantageous to construct a 
cancelling loudspeaker 3, 30 at a lower cost than that of 
the original sound loudspeaker 2. whereby its charac- 
teristics need to be identical to those of the loudspeaker 
2 only at low frequencies. Resultingly, the cancelling 
loudspeaker 3, 30 need not have any response charac- 
teristics in the mid- and high-frequency ranges. Obvi- 
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ously, these mid/high-frequency components must then 
be filtered in the above-described manner away from the 
signal to be taken to the cancelling loudspeaker 3 : 30. 
[0038] In Fig 5 is schematically shown the signal flow 
diagram of the acoustic system illustrated in Fig. 3. As 
shown in Fig. 5, the signal leaves the sound signal 
source 8 by branching into two paths which are taken to 
the rear wall 103 of the acoustic space, where the radi- 
ated sound signals sum to form a sound pressure 9 at 
the rear wall 103. The acoustic signal path comprises 
the transfer function 1 2 of the original sound loudspeak- 
er 2 as well as the acoustic delay 1 0 and attenuation 1 1 
of the sound radiated by the loudspeaker 2 as the sound 
propagates through the room 1 to the rear wall 103 
thereof. The electrical signal path comprises the delay 
1 6 generated by the delay circuit 6 as well as the transfer 
function 13 : 14 : 15 including the gain 15 of the control 
amplifier 5, the inverter circuit 14 and the transfer func- 
tion of the cancelling loudspeaker 3. In the essential vi- 
cinity of the rear wall 1 03 : the sonic signals emitted over 
the two signal paths are in the form of a pressure wave 
and the sum of these pressure waves form the sound 
pressure 9 at the rear wall 103. In a reflection-free situ- 
ation, the sound pressure 9 at the rear wall 103 is equal 
to that received at an attenuated sound pressure from 
a point source radiating at a given distancef rom the wall. 
The sound pressure is then inversely proportional to the 
square of the distance from the source to the point of 
measurement (also known as the 1/R wave propagation 
law). Hence, the goal is to design the electrical signal 
path such that with a reasonable accuracy at the loca- 
tion of the cancelling loudspeaker 3 can radiate a sonic 
signal whose sum with the acoustic signal radiated by 
the loudspeaker 2 and the reflections thereof fulfills the 
above-described inverse attenuation law. Accordingly, 
the present invention is different from the prior art there- 
in that the attempt is not to null all pressure waves en- 
tirely at the cancelling loudspeaker 3 : but rather the spir- 
it of the invention is to produce a suitable sound level 
into the listening room so that the distortion in the sound 
field caused by the reflections of low-frequency bass 
sounds are cancelled, however without nulling the low- 
frequency components of the original sound. 
[0039] In a system having a plurality of cancelling 
loudspeakers 3, 30, the above-described inverse law of 
sound propagation must be fulfilled separately for each 
cancelling loudspeaker 3, 30. In the placement of the 
cancelling loudspeakers 3 : 30 at any location other than 
the wall opposite to the original sound loudspeaker 2, 
particular attention must be paid to the essential impact 
of the reflections in the listening room 1 on the design 
of the transfer function 14 : 15 and delay 16 of the control 
means 4 : 5, 6 driving the cancelling loudspeaker 3 : 30. 
Especially for embodiments using a plurality of cancel- 
ling loudspeakers 3, 30, the settings of the acoustic sys- 
tem must be verified by measurements. Also in a system 
having only one cancelling loudspeaker 3 : it is advanta- 
geous to test the settings by measurements at least 



when an exceptionally high sound reproduction per- 
formance is desired. It must be further noted that the 
pressure wave patterns of reflected sound in the listen- 
ing room is affected by the placement of the cancelling 
5 loudspeakers 3 in a mutually interacting manner, where- 
by the tuning of a system comprising multiple cancelling 
loudspeakers must be performed as a sequence of iter- 
ative steps. 

[0040] In Fig. 4 are plotted the frequency responses 

io measured at locations Mt , M2 and M3 in a correspond- 
ing manner to those shown in Fig. 2, now having a can- 
celling loudspeaker 3 placed near the rear wall 103 of 
the room 1 . As is evident from Fig. 4, the reduced pres- 
sure wave of the rear-wall reflection has brought the fre- 

75 quency responses at the measurement microphone lo- 
cations closer to the 1/R propagation law of the sound 
pressure emitted by a point-source type radiator accord- 
ing to which the sound pressure falls inversely to the 
distance from the radiator. Also the resonant behaviour 

20 of the room 1 has been reduced over the controlled fre- 
quency range. To obtain a good 1/R behaviour of the 
frequency response curve of the system, the output lev- 
el of the cancelling loudspeaker 3, 30 in the vicinity of 
the reflecting wall and the cancelling loudspeaker 3 . 30 

25 should be set depending on the type of reflecting wall 
to, e.g., about 4 - 6 dB below that ol the original sound 
loudspeaker 2. Hence, the cancelling loudspeaker 3, 30 
in typical installations need not have as high a sound 
output capability as the original sound loudspeakers 2. 

30 [0041] In addition to those described above, the in- 
vention may have alternative embodiments. 
[0042] If both the original sound loudspeaker 2 and 
the cancelling loudspeaker 3, 30 behave essentially as 
point-source radiators, the sound field excited by them 

35 create deviations in the interference sound wave at lo- 
cations falling outside the centerline drawn between the 
loudspeakers. The deviations get larger at higher fre- 
quencies. One technique serving to even out the devi- 
ations to some extent is the use of multiple cancellation 

40 sound sources 2, 3, 30 instead of only one source 2, 3, 
30. Thus, the invention may be extended by the combi- 
nation of a plurality of point-source radiators 2. 3, 30 to 
the control of reflections in larger spaces and, in a re- 
duced scale, also at higher frequencies. Analogously on 

4 5 this line, the invention may also be applied when planar 
radiators such as large-area loudspeakers are used in 
the sound reproduction system. 
[0043] Furthermore, the scope of the invention does 
not limit the number of cancelling loudspeakers 3, 30 

50 used in the system. Hence, the cancelling loudspeakers 
3.30 can be located so that, eg, the rear wall 103. both 
side walls 1 02 and the ceiling are each of them equipped 
with separate cancelling loudspeakers 3, 30. If the loud- 
speakers 2 have such an omnidirectionally radiating pla- 

55 nar element in which the forward and rearward emitted 
sound waves are 180° out-of-phase with each other, it 
may be advantageous to have the cancelling loud- 
speakers 3, 30 also placed on the front wall 101 of the 
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acoustic space so thai they are located beside the loud- 
speakers 2. 

[0044] The invention may also be used in conjunction 
with such sound reproduction systems in which the orig- 
inal sound signal is taken to the loudspeaker 2 in analog 
format using other transmission media than electrical 
conductors. Such a transmission path may be arranged 
using infrared radiation, radio waves or an optical fiber. 
Obviously, the transmission format need not necessarily 
be an analog signal. Instead, the transmission can be 
carried out using, eg., an electrical signal of digital for- 
mat. In these arrangements, the loudspeaker 2 may be 
an active loudspeaker having an integral amplifier. If the 
signal is transmitted in digital format, the sampling 
means 7 can admit the signal sample in digital format, 
whereby the delay circuit 6 needs no AD converter. The 
amplifier used in the signal processing unit may also in- 
clude the required inverter stage. 



Claims 

1 . Method for attenuating the reflections of the sound 
pressure wave radiated by a sound reproduction 
apparatus (2, 20, 21) into an acoustic space (1) : 
said method comprising the steps of 

taking a sample signal from a signal intended 
for reproduction of the original sound, in the 
sound reproduction apparatus (2. 20, 21 ) repro- 
ducing the original sound, 

processing the sample signal to set its proper- 
ties including the delay, phase inversion and 
amplitude, 

passing the processed sample signal to a can- 
ceiling loudspeaker (3, 30), and 

converting the processed sample signal by 
means of said cancelling loudspeaker (3, 30) 
into a cancelling sound radiated into said 
acoustic space (1) for attenuating reflections of 
said original sound, 

characterized by 

blocking essentially entirely the signal compo- 
nents having a sufficiently high frequency to 
create a diffuse sound field in said acoustic 
space (1 ) during the reproduction of said signal 
components, from being passed for reproduc- 
tion by said cancelling loudspeaker (3, 30) r and 

setting the volume of the cancelling sound be- 
low the level of the original sound. 

2. Method according to claim 1 , characterized in that 



said step of blocking undesired sound components 
from being passed to said cancelling loudspeaker 
(3, 30) is essentially entirely effected on cancella- 
tion signal components having a frequency greater 
5 than 200 Hz. 

3. Method according to claim 1 or 2, characterized in 
that said sample signal is low-pass filtered in order 
to clean said sample signal free from said frequency 

10 components capable of forming a diffuse sound 
field. 

4. Method according to claim 1 or 2, characterized in 
that said blocking of said diffuse-sound-field form- 
's jng frequency components from passing to said 

cancelling loudspeaker (3, 30) is effected by taking 
the sample signal from the bass channel signal of 
the sound reproduction apparatus (2,20.21), which 
bass channel signal consists essentially of low-fre- 
20 quency signal components whose emission into 
said acoustic space (1) causes essentially ordered 
reflections. 

5. Method according to any of claims 1 - 4, character- 
's ized in that said cancelling sound is radiated at 

least at one reflection location of the original sound. 

6. Method according to any of claims 1 - 5. character- 
ized in that the amplitude of said cancelling sound 

30 is set essentially equal to the amplitude of said re- 
flected wave of said original sound, whereby the 
change caused by the reflected wave in the sound 
field can be attenuated without cancelling the low- 
frequency components of the original sound. 

35 

7. Method according to any of claims 1 - 5, character- 
ized in that the amplitude of said cancelling sound 
is set so that the acoustic output level ol the can- 
celling sound in the vicinity of said cancelling loud- 

40 speaker (3, 30) is from 4 dB to 6 dB below the 
acoustic output level of the original sound. 

8. Method according to any of claims 1 - 7, character- 
ized in that the processing of the sample signal for 

45 setting the desired delay comprises the steps of 

producing said cancelling sound signal with a 
plurality of different delays, 

50 - observing the degree of attenuation of acoustic 
reflections as a function of varying delay, and 

based on the observation results selecting a 
suitable delay that is different from the time of 
55 propagation of sound waves from the original 

sound loudspeaker (2) to the location of the 
cancelling loudspeaker (3, 30). 
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9. Method according to any ot claims 1 - 8, character- 12. 
ized in that the loudspeaker used as said cancel- 
ling loudspeaker (3 : 30) is of a type adapted to ra- 
diate low-frequency sounds only, such as one 
known as a subwoofer. 5 



10. Method according to any of claims 1 - 9 for use in 
conjunction with a stereophonic or multichannel 
sound reproduction system, characterized in that 
the multichannel signal is combined into a single 
sample signal for said setting of cancellation signal 
delay., phase inversion and amplitude and passing 
to said cancelling loudspeaker (3 ; 30). 

11. Sound reproduction apparatus comprising 

a signal source serving to provide a reproduci- 
ble original sound signal in electrical form from, 
e.g. ; a sound recording, 

a sound reproduction signal path connected to 
said original sound signal source for passing 
said signal to be reproduced, said signal path 
including an amplifier (20) for amplification of 
said signal to be reproduced, 

at least one loudspeaker (2) connected after 
said amplifier (20) on the sound reproduction 
path thus facilitating the conversion of said sig- 
nal to be reproduced into an acoustic sound ra- 
diated into said acoustic space (1) : 



Sound reproduction apparatus according to claim 
11 . characterized in that said signal separation 
means are adapted to remove signal components 
having a frequency higher than 200 Hz. 

13. Sound reproduction apparatus according to any of 
claim 11 or 12, characterized in that 

said sound reproduction signal path includes a 
10 selective frequency band divider integrated 

with said amplifier (20) for dividing the original 
signal into separate frequency bands, and 

said cancellation sound signal path is adapted 
15 to pass via said amplifier (20) of the sound re- 

production signal path and its integral frequen- 
cy band divider so that the cancellation sound 
signal path is passed via the low-frequency 
band of the band divider whereby said frequen- 
ce cy band divider also acts as said signal sepa- 
ration means. 

14. Sound reproduction apparatus according to any of 
claims 11 - 1 3 : characerized in that said cancellation 

25 sound signal path includes a low-pass filter acting 
as said signal separation means. 

15. Sound reproduction apparatus according to claim 
1 4 : characterized in that said low-pass filter is con- 

30 nected on said cancellation sound signal path prior 
to said control means (4 : 5, 6). 
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a cancellation sound signal path connected to 
said signal source of original sound for taking 
and passing a signal sample, said cancellation 35 
sound signal path including control means (4, 
5, 6) with delay, amplification and phase-inver- 
sion facilities for the processing of said cancel- 
ling sound signal, and 

40 

at least one cancelling loudspeaker (2) con- 
nected to said cancellation sound signal path 
for generating said cancelling sound and thus 
attenuating the reflected pressure waves of the 
original sound radiated into said acoustic space 4 $ 
(1), 

characterized in that said apparatus includes sig- 
nal separation means connected to said cancella- 
tion sound signal path for removing such signal 50 
components, whose frequency is sufficiently high 
for forming a diffuse sound field in conjunction with 
their reproduction in said acoustic space (1), from 
said cancelling sound signal and thus from the can- 
celling sound being radiated by said cancelling 55 
loudspeaker (3, 30), and 

means to set the volume of thexancelling sound 
below the level of the original sound. 



16. Sound reproduction apparatus according to any of 
claims 11-15, characerized in that said control 
means (4, 5 ? 6) include a digital delay circuit (6) 
comprising 

an AD converter for converting a signal into dig- 
ital format, 

memory circuits for storing a digital signal, 

a DA converter for converting a digital signal 
back into analog format, and 

a microcontroller for connecting a digital signal 
from said AD converter to said memory units 
and, after the lapse of a set delay time, further 
from said memory units to said DA converter. 

17. Sound reproduction apparatus according to claim 
16, characterized in that said digital delay circuit 
(6) is adapted to generate a delay which is a func- 
tion of frequency. 

18. Sound reproduction apparatus according to any of 
claims 11-17, characterized in that 
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al least one of said loudspeakers (2) is a low- 
frequency radiator such as a subwoofer : and 

at least one of said cancelling loudspeakers (3, 
30) is at least for its frequency response of a 
similar type of low-frequency. 

19. Sound reproduction apparatus according to any of 
claims 11 - 18 for reproduction of stereophonic or 
multichannel sounds } characterized in that said 
apparatus includes means for combining and pass- 
ing signals from the different channels in a com- 
bined format over said cancellation sound signal 
path to said control means (4, 5, 6). 

20. Sound reproduction apparatus according to claim 
19. characterized in that said means for combin- 
ing the signals from the different channels are 
placed on the cancellation signal path prior to said 
signal separation means. 

s 

Patentanspruche 

1. Verfahren zum Abschwachen der Reflexionen der 
von einerSchall-Wiedergabeeinrichtung (2, 20. 21) 
in einen Akustik-Raum (1) ausgesendeten Schall- 
druckwelle, wobei das Verfahren die Schritte auf- 
weist: 

Aufnehmen eines Abtastsignals von einem Si- 
gnal., das zur Wiedergabe des Ursprungs- 
Schalls bestimmt ist, in die der den Ursprungs- 
Schall wiedergebende Schallwiedergabeein- 
richtung (2, 20 : 21), 

Verarbeiten des Abtastsignals derart : dass sei- 
ne Eigenschaften eingestellt werden, aufwei- 
send die Verzogerung, die Phasenumkehrung 
und die Amplitude, 

Weiterleiten des verarbeiteten Abtastsignals zu 
einem Kompensations-Lautsprecher (3 ; 30), 
und 

Umwandeln des verarbeiteten Abtastsignals 
mittels des Kompensations-Lautsprechers (3, 
30) in einen in den Akustik-Raum (1) ausgesen- 
deten Kompensationsschall zum Abschwa- 
chen der Ursprungsschall-Reflexionen, 

gekennzeichnet durch: 

im Wesentlichen das vollstandige Verhindern, 
dass die Signalkomponenten mit einer Fre- 
quenz, die ausreichend hoch ist, um wahrend 
der Wiedergabe der Signalkomponenten im 
Akustik-Raum (1) ein diffuses Schallfeld zu er- 
zeugen, zur Wiedergabe mittels des Kompen- 
sations-Lautsprechers (3 : 30) weitergeleitet 
werden, und 



Einstellen der Lautstarke des Kompensations- 
schalls unterhalb des Pegels des Ursprungs- 
Schalls. 

5 2. Verfahren gemaB Anspruch 1. dadurch gekenn- 
zeichnet, dass sich der Schritt des Verhinderns 
des Weiterleitens unerwunschter Schallkomponen- 
ten zum Kompensations-Lautsprecher (3, 30) im 
Wesentlichen ganz auf die Kompensations-Signal- 

10 komponenten mit einer Frequenz hoher als 200 Hz 
auswirkt. 

3. Verfahren gemaB Anspruch 1 oder 2, dadurch ge- 
kennzeichnet, dass das Abtastsignal Tiefpass ge- 

15 fjltert wird, um das Abtastsignal von den Frequenz- 
komponenten zu befreien, die dazu geeignet sind 
ein diffuses Schallfeld zu bilden. 

4. Verfahren gemaB Anspruch 1 oder 2, dadurch ge- 
20 kennzeichnet, dass das Verhindern des Weiterlei- 
tens der das diffuse Schallfeld bildenden Frequenz- 
komponenten zum Kompensations-Lautsprecher 
(3, 30) durch das Aufnehmen des Abtastsignals 
vom Basskanal-Signal der Schall-Wiedergabeein- 

25 richtung (2, 20, 21) bewirkt wird, welches Basska- 
nal-Signal im Wesentlichen aus Niedrig-Frequenz- 
Signalkomponenten besteht, deren Abgabe in den 
Akustik-Raum (1) im Wesentlichen geordnete Re- 
flexionen hervorruft. 

30 

5. Verfahren gemaB einem der Anspruche 1 - 4, da- 
durch gekennzeichnet, dass der Kompensations- 
schall zumindest an einer Ursprungsschall-Reflexi- 
onsposition ausgesendet wird. 

35 

6. Verfahren gemaB einem der Anspruche 1 - 5, da- 
durch gekennzeichnet, dass die Amplitude des 
Kompensationsschalls im Wesentlichen gleich der 
Amplitude der reflektierten Welle des Ursprungs- 

40 Schalls eingestellt wird, wodurch die infolge der im 
Schallfeld reflektierten Welle hervorgeruf ene Ande- 
rung gedampft werden kann, ohne dass die Niedrig- 
Frequenz-Komponenten des Ursprungs-Schalls 
aufgehoben werden. 

45 

7. Verfahren gemaB einem der Anspruche 1 - 5, da- 
durch gekennzeichnet, dass die Amplitude des 
Kompensationsschalls so eingestellt wird, dass der 
Pegel der Akustik-Ausgabe des Kompensations- 

50 schalls in der Nahe des Kompensations-Lautspre- 
chers (3, 30) von 4 dB bis 6 dB unterhalb des Pegels 
der Akustik-Ausgabe des Ursprungs-Schalls be- 
tragt. 

55 8. Verfahren gemaB einem der Anspruche 1 - 7, da- 
durch gekennzeichnet, dass das Verarbeiten des 
Abtastsignals zum Einstellen der erwunschten Ver- 
zogerung die Schritte aufweist: 
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ons-Lautsprecher (2) zum Erzeugen des Kom- 
pensationsschalls und daher zum Dampfen der 
reflektierten Druckwellen des ursprunglichen, 
in den Akustik-Raum (1) ausgesendeten 
Schalls ; 



Erzeugen des Kompensationsschall-Signals 
mil einer Mehrzahl unterschiedlicher Verzoge- 
rungen : 

Uberwachen des Grads der Dampf ung der aku- 
stischen Rellexionen als eine Funktion der va- 5 
riierenden Verz6gerung : und 
basierend auf den Oberwachungsergebnissen 
Auswahlen einer geeigneten Verz6gerung : die 
sich von der Zeit der Ausbreitung der Schall- 
wetlen vom Ursprungsschall-Lautsprecher (2) to 
zur Position des Kompensations-Lautspre- 
chers (3 T 30) unterscheidet. 



9. Verfahren gemaB einem der Anspruche 1 - 8 : da- 
durch gekennzeichnet. dass der als der Kompen- is 
sations-Lautsprecher (3. 30) verwendete Lautspre- 
cher von einem Typ ist. der eingerichtel ist : nur 
Niedrig-Frequenz-Schall auszusenden. wie bei- 
spielsweise einer T der als Subwoofer bekannt ist. 

20 

10. Verfahren gemaB einem der Anspruche 1 - 9 zur 
Verwendung in Verbindung mit einem Stereo- Oder 
Mehrkanal-Schallwiedergabesystem, dadurch ge- 
kennzeichnet, dass das Mehrkanal-Signal fur das 
Einstellen der Kompensations-Signalverzogerung. 25 
der Phasenumkehrung und der Amplitude zu einem 
einzigen Abtastsignal kombiniert wird und zum 
Kompensations-Lautsprecher (3 : 30) weitergeleitet 
wird. 

30 

11. Schall-Wiedergabeeinrichtung, aufweisend: 



dadurch gekennzeichnet, dass: 

die Einrichtung eine mit dem Kompensations- 
schall-Signalpfad gekoppette Signal-Trennein- 
richtung aufweist zum Entfernen solcher Si- 
gnaikomponenten : deren Frequenz zum Aus- 
bilden eines diffusen Schallfelds in Verbindung 
mit deren Wiedergabe im Akustik-Raum (1) 
ausreichend hoch ist : aus dem Kompensati- 
onsschall-Signal und daher aus dem vom Kom- 
pensations-Lautsprecher (3, 30) ausgesende- 
ten KompensationsschalL und 
eine Einrichtung zum Einstellen der Lautstarke 
des Kompehsationsschalls unterhalb des Pe- 
gels des Ursprungsschalls. 

12. Schall-Wiedergabeeinrichtung gemaB Anspruch 
11 , dadurch gekennzeichnet, dass die Signal- 
Trennernrichtungen eingerichtet sind. Signalkom- 
ponenten mit einer Frequenz hoher als 200 Hz zu 
entfernen. 

13. Schall-Wiedergabeeinrichtung gemaB einem der 
Anspruche 11 Oder 12 : dadurch gekennzeichnet, 
dass; 

der Schallwiedergabe-Signalpfad einen im Ver- 
starker (20) integrierten selektiven Frequenz- 
teiler zum Aufteilen des Ursprungssignals in 
separate Frequenzbander aufweist : und 

wobei der Kompensationsschall-Signalpfad einge- 
richtet ist,. iiber den Verstarker (20) des Schallwie- 
dergabe-Signalpfads und dessen integrierten Fre- 
quenzteiler weiterzuleiten : so dass das Kompensa- 
tionsschall-Signal mittels des Niedrig-Frequenz- 
Bandes des Frequenztetlers weitergeleitet wird, 
wodurch der Frequenzteiler ferner als die Signal- 
Trenneinrichtung wirkt. 

14. Schall-Wiedergabeeinrichtung gemaB einem der 
Anspruche 11-13, dadurch gekennzeichnet, 
dass der Kompensationsschall-Signalpfad ein Tief- 
passfilter aufweist, das als die Signal-Trenneinrich- 
tung wirkt. 

15. Schall-Wiedergabeeinrichtung gemaB Anspruch 
14 : dadurch gekennzeichnet, dass das Tief- 
passfitter im Kompensationsschall-Signalpfad vor 
der Steuereinrichtung (4 : 5, 6) gekoppelt ist. 

16. Schall-Wiedergabeeinrichtung gemaB einem der 



eine Stgnalquelle, die dazu dient : ein reprodu- 
zierbares Ursprungsschall-Signal von bei- 
spielsweise einer Schallaufnahme in elektri- 35 
scher Form bereitzustellen : 
einen mit der Ursprungsschall-Signalquelle ge- 
koppelten Schallwiedergabe-Signalpfad zum 
Weiterleiten des wiederzugebenden Signals, 
wobei der Signalpfad einen Verstarker (20) zur *o 
Verstarkung des wiederzugebenden Signals 
aufweist, 

zumindest einen im Schall-Wiedergabepfad 
nach dem Verstarker (20) gekoppelten Laut- 
sprecher (2), weshalb die Umwandlung des *5 
wiederzugebenden Signals in einen akusti- 
schen Schall ermoglicht wird, der in den Aku- 
stik-Raum (1) ausgesendet wird. 
einen mit der Ursprungsschall-Signalquelle ge- 
koppelten Kompensationsschall-Signalpfad so 
zum Aufnehmen und Weiterleiten der Si- 
gnalabtastung, wobei der Kompensations- 
schall-Signalpfad zum Verarbeiten des Kom- 
pensationsschall-Signals Steuereinrichtungen 
(4, 5, 6) mit Verzogerungs-. Verstarkungs- und 55 
Phasenumkehr-Funktionen aufweist, und 
zumindest einen mit dem Kompensations- 
schall-Signalpfad gekoppelten Kompensati- 
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Anspruche 11 - 15 : dadurch gekennzeichnet, 
dass die Steuereinrichtung (4, 5, 6) einen digitalen 
Verzogerungsschaltkreis (6) aufweist ; der aufweist: 

einen A/D-Wandler zum Umwandeln eines Si- 
gnals in ein digitales Format, 
Speicherschaltkreise zum Speichern eines di- 
gitalen Signals, 

einen D/A-Wandler zum Umwandeln eines di- 
gitalen Signals zunlick in ein analoges Format, 
und 

einen Mikrocontroller zum Aufschalten des di- 
gitalen Signals vom A/D-Wandler auf die Spei- 
chereinheiten und : nach dem Ablaut einer ein- 
gestellten Verz6gerungszeit : ferner von den 
Speichereinheiten auf den D/A-Wandler. 

17. Schall-Wiedergabeeinrichtung gemaB Anspruch 
16 : dadurch gekennzeichnet, dass der digitale 
Verzogerungsschaltkreis (6) eingerichtet ist, eine 
Verzogerung als eine Funktion der Frequenz zu er- 
zeugen. 

18. Schall-Wiedergabeeinrichtung gemaB einem der 
Anspruche 11 - 17 : dadurch gekennzeichnet, 
dass: 

zumindest einer der Lautsprecher (2) ein Nied- 
rig-Frequenz-Sender ist : wie beispielsweise 
ein Subwoofer, und 

wobei zumindest einer der Kompensations-Laut- 
sprecher (3 ; 30) zumindest in Bezug auf seine Fre- 
quenz-Antwort von einem gleichartigen Niedrig- 
Frequenz-Typ ist. 

19. Schall-Wiedergabeeinrichtung gemaB einem der 
Anspruche 11-18 zum Wiedergeben von Stereo- 
oder Mehrkanal-Schall, dadurch gekennzeichnet, 
dass die Einrichtung eine Einrichtung zum Kombi- 
nieren und Weiterleiten von Signalen Von den un- 
terschiedlichen Kanalen in einem Kombinations- 
Format uber den Kompensationsschall-Signalpfad 
zur Steuereinrichtung (4, 5 : 6) aufweist. 

20. Schall-Wiedergabeeinrichtung gemaB Anspruch 
19 : dadurch gekennzeichnet, dass die Einrich- 
tung zum Kombinieren der Signale von den unter- 
schiedlichen Kanalen im Kompensations-Signal- 
Pfad vor der Signal-Trenneinrichtung angeordnet 
ist. 



Revendications 

1 . Procede pour attenuer les reflexions d'une onde de 
pression acoustique rayonnee par un appareil de 
reproduction de son (2 : 20 : 21) dans un espace 



acoustique (1) : ledil procede comprenant les eta- 
pes consistant a : 

prelever un echantillon de signal a partir d'un 
5 signal destine a la reproduction du son d'origi- 

ne : 'dans I'appareil de reproduction du son (2 : 
20 : 21) reproduisant le son d'origine, 
traiter I'echantillon de signal pour etablir ses 
proprietes incluant le delaL I'inversion de phase 
io et {'amplitude, 

passer I'echantillon de signal traite a un haut- 
parleur d'annulation (3 : 30) r et 
convertir I'echantillon de signal traite au moyen 
dudit haut-parleur d'annulation (3 : 30) en un 
15 son d'annulation rayonne dans ledit espace 

acoustique (1) pour attenuer les reflexions du- 
dit son d'origine : 

caracterise par 

bloquer essentiellement entierement les com- 
posantes de signal presentant une frequence 
suffisamment elevee pour creer un champ 
acoustique diffus dans ledit espace acoustique 
(1) pendant la reproduction desdites compo- 
santes du signal en etant passees a la repro- 
duction par ledit haut-parleur d'annulation (3, 
30) : et 

regler le volume du son d'annulation en des- 
sous du niveau du son d'origine. 

2. Procede selon la revendication 1. caracterise en 
ce que ladite etape de bloquer les composantes de 
son non desirees par le passage dans ledit haut- 
parleur d'annulation {3 : 30) est essentiellement en- 
tierement effectuee sur des composantes du signal 
d'annulation presentant une frequence superieure 
a 200 Hz. 

3. Procede selon la revendication 1 ou 2, caracterise 
en ce que ledit echantillon de signal est f iltre passe- 
bas afin de nettoyer ledit echantillon de signal des- 
dites composantes de frequence capables de for- 
mer un champ acoustique diffus. 

4. Procede selon la revendication 1 ou 2 ? caracterise 
en ce que ledit blocage desdites composantes de 
frequence formant le champ acoustique diffus par 
le passage dans ledit haut-parleur d'annulation (3 : 
30) est effectue en prelevant I'echantillon de signal 
depuis le signal de canal des basses de I'appareil 
de reproduction de son (2, 20, 21), lequel signal de 
canal des basses est essentiellement constitue des 
composantes de signal a frequence basse dont 
remission dans ledit espace acoustique (1) entrai- 
ne des reflexions essentiellement ordonnees. 

5. Procede selon Tune quelconque des revendications 
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1 a 4 : caracterise en ce que ledit son d'annulation 
est rayonne au moins a un emplacement de re- 
flexion du son d'origine. 

6. Procede selon Tune quelconque -des revendica- 5 
tions 1 a 5 : caracterise en ce que I'amplitude dudit 
son d'annulation est etablie essentiellement egale 
a ramplitude de ladite onde reflechie dudit son d'ori- 
gine. avec pour eftet que le changement provoque 
par I'onde reflechie dans le champ acouslique peut 10 
etre attenue sans annuler les composantes basses 
frequences du son d'origine. 

7. Procede selon Tune quelconque des revendications 
1 a 5 : caracterise en ce que I'amplitude dudit son '5 
d'annulation est etablie de sorte que le niveau de 
sortie acoustique du son d'annulation au voisinage 
dudit haut-parleur d'annulation (3, 30) est de 4 dB 
a 6 dB au-dessous du niveau de sortie acoustique » 
du son d'origine. 20 

8. Procede selon Tune quelconque des revendications 
1 a 7. caracterise en ce que !e traitement 'de 
I'echantillon de signal pour etablir le delai desire 
comprend les etapes consistant a : 25 

produire ledit signal de son d'annulation avec 
une pluralite de delais differents, 
observer le degre d'artenuation des reflexions 
acoustiques comme une fonction d'un delai va- 30 
riable, et 

sur la base des resultats de l'observation : se- 
lectionner un delai, approprie qui est different 
du temps de propagation des ondes sonores a 
partir du haut-parleur du son d'origine (2) a 35 
1'emplacement du haut-parleur d'annulation (3, 
30). 



9. Procede selon Tune quelconque des revendications 
1 a 8 ; caracterise en ce que le haut-parleur utilise 
comme dit haut-parleur d'annulation (3, 30) est d'un 
type adapte pour ne rayonner que des sons basses 
frequences, tels que ceux connus comme haut- 
parleur de grave. 

1 0. Procede selon I'une quelconque des revendications 
1 a 9, pour emploi en liaison avec un systeme de 
reproduction de son stereophonique ou multica- 
naux, caracterise en ce que le signal multicanaux 
est combine en un seul echantillon de signal pour 
ledit etablissement du delai, de I'inversion de phase 
et de I'amplitude du signal d'annulation et passage 
audit haut-parleur d'annulation (3 : 30). 

11. Appareil de reproduction du son comprenant : 

une source de signal servant a fournir un signal 
de son d'origine reproductible sous forme elec- 



trique a partir de : par exemple : I'enregistrement 
d'un son : 

un circuit de signal de reproduction de son con- 
nects a ladite source de signal de son d'origine 
pour passer ledit signal qui doit etre reproduit. 
ledit circuit de signal incluant un amplificateur 
(20) pour amplification dudit signal qui doit etre 
reproduit, 

au moins un haut-parleur (2) connecte apres le- 
dit amplificateur (20) sur le circuit de reproduc- 
tion du son facilitant ainsi la conversion dudit 
signal qui doit etre reproduit en un son acous- 
tique rayonne dans ledit espace acoustique (1), 
un circuit de signal de son d'annulation connec- 
te a ladite source de signal du son d'origine 
pour prelever et passer un echantillon de si- 
gnal, ledit circuit de signal de son d'annulation 
incluant un moyen de commande (4, 5, 6) avec 
des fonctions de delai, d'amplification et di- 
version de phase pour le traitement dudit signal 
de son d'annulation, et 

au moins un haut-parleur d'annulation (2) con- 
necte audit circuit de signal de son d'annulation 
pour generer ledit son d'annulation et attenuer 
ainsi les ondes de pression reflechies du son 
d'origine rayonne dans ledit espace acoustique 

(1). 

caracterise en ce que ledit appareil inclut un 
moyen de separation du signal connecte audit cir- 
cuit de signal de son d'annulation pour supprimer 
des composantes de signal, dont la frequence est 
suffisamment elevee pour former un champ acous- 
tique diffus en liaison avec la reproduction dans le- 
dit espace acoustique (t ) a partir dudit signal de son 
d'annulation et a partir du son d'annulation qui est 
ref lechi par ledit haut-parleur d'annulation (3, 30) , et 

un moyen pour regler le volume du son d'annu- 
40 lation en dessous du niveau du son d'origine. 

12. Appareil de reproduction du son selon la revendi- 
cation 11 1 caracterise en ce que lesdits moyens 
de separation du signal sont congus pour supprimer 

45 ies composantes de signal presentant une frequen- 
ce plus elevee que 200 Hz. 

13. Appareil de reproduction du son selon I'une des re- 
vendications 11 ou 12, caracterise en ce que 



ledit circuit de signal de reproduction de son in- 
clut un diviseur en bandes de frequence selectif 
intSgre audit amplificateur (20) pour diviser le 
signal d'origine en bandes de frequence sepa- 
55 rees, el 

ledit circuit de signal de son d'annulation est 
concu pour passer via ledit amplificateur (20) 
du circuit de signal de reproduction de son et 
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de son diviseur en bandes de frequence integre 
de sorte que le circuit de signal de son d'annu- 
lation est passe via la bande de basse frequen- 
ce du diviseur de bandes : avec pour effet que 
ledit diviseur en bandes de frequence agit ega- 
lement comme lesdits moyens de separation 
du signal. 

14. Appareil de reproduction du son selon Tune quel- 
conque des revendications 11 a 1 3 : caracterise en 
ce que ledit circuit du signal de son d'annulation 
inclut un filtre passe-bas agissant comme lesdits 
moyens de separation du signal. 



moyens pour combiner et passer les signaux pro- 
venant de canaux differents en un format combine 
sur ledit circuit du signal de son d'annulation auxdits 
moyens de commande (4, 5, 6). 

5 

20. Appareil de reproduction du son selon la revendi- 
cation 19 : caracterise en ce que lesdits moyens 
pour combiner les signaux provenant des canaux 
differents sont places sur le circuit du signal d'an- 
io nulation avant lesdits moyens de separation de si- 
gnal. 



15. Appareil de reproduction du son selon la revendi- '5 
cation 14 : caracterise en ce que ledit filtre passe- 
bas est connecte sur ledit circuit du signal de son 
d'annulation avant lesdits moyens de commande 

(4 r 5 : 6). 

20 

16. Appareil de reproduction du son selon Tune quel- 
conque des revendications 11 a 1 5, caracterise en 
ce que lesdits moyens de commande (4 r 5 : 6) in- 
cluent un circuit a retard numerique (6) comprenant 

25 

un convertisseur A/N pour convertir un signal 
en format numerique ; 

des circuits de memoire pour memoriser un si- 
gnal numerique, 

un convertisseur N/A pour convertir un signal 30' 
numerique renvoye en forme analogique : et 
un micro controleur pour connecter un signal 
numerique provenant dudit convertisseur A/N 
auxdites unites de memoire et puis : apres 
recoupment du temps de retard etabIL depuis 35 
lesdites unites memoire vers ledit convertis- 
seur N/A. 



17. Appareil de reproduction du son selon la revendi- 
cation 1 6 : caracterise en ce que ledit circuit a re- *o 
tard numerique (6) est concu pour generer un retard 

qui est fonction de la frequence. 

18. Appareil de reproduction du son selon Tune quel- 
conque des revendications 11 a 1 7, caracterise en 
ce que 

au moins un desdits haut-parleurs (2) est un 
emetteur a basse frequence tel qu'un haut- 
parleur de grave, et 50 
au moins un desdits haut-parleurs d'annulation 
(3 : 30) est au moins pour sa reponse en fre- 
quence d'un type similaire a basse frequence. 

19. Appareil de reproduction du son selon Tune quel- 55 
conque des revendications 11 a 18, pour la repro- 
duction de sons stereophoniques et multicanaux, 
caracterise en ce que ledit appareil inclut les 
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